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SUMMARY Adaptive channel estimation filters are presented for
coherent DS-CDMA reverse link using time-multiplexed pilot and par-
allel pilot structures. Fast transmit power control (TPC) is adopted in
the reverse link. Fading statistical properties are not preserved when
fast TPC is used. When fading is slow, the channel is similar to non-
fading channel, but its starts to vary as fading become faster since fast
TPC cannot track fading perfectly. A pragmatic approach is used in
this paper to derive adaptive channel estimation filter. The filter coeffi-
cients are updated based on the measured autocorrelation function of
the instantaneous channel estimate. The bit error rate (BER) perfor-
mance under frequency selective Rayleigh fading is evaluated by com-
puter simulation to show that the adaptive channel estimation filter pro-
vides superior performance to the previously proposed non-adaptive
WMSA filter.
key words:  adaptive channel estimation, DS-CDMA, pilot chan-
nel, coherent RAKE

1. Introduction

Wideband wireless access based on direct sequence code di-
vision multiple access (W-CDMA) is considered to be the
most promising access scheme for 3rd generation mobile ra-
dio systems called IMT-2000 [1]-[8]. The link capacity is
inverse proportionate to the required signal energy-to-noise
(plus interference) power spectrum density ratio (E

b
/N

0
) and

therefore, coherent detection that requires less Eb/N0 than
noncoherent detection is desirable in W-CDMA. For coher-
ent detection, accurate channel estimation is necessary under
fast multipath fading environment. Since, in the reverse (mo-
bile-to-cell cite) link, the multiple access interference (MAI)
is caused by the large differences in received signal powers
transmitted from different users resulting from the well known
near/far problem and fast fading, the reverse link requires
fast transmit power control (TPC) so that all signals trans-
mitted from different users are received with almost equal
power at a cell site receiver. Since the fading channel statisti-
cal properties are not preserved by fast TPC, the channel es-
timation filter based on Wiener filter theory cannot be ap-
plied to the reverse links.

The pilot channel-assisted channel estimation scheme
offers good tracking performance against fast fading [9]-[13].
Basically, there are two types of pilot channel structure. One
is the time-multiplexed pilot where known pilot symbols are

periodically multiplexed into the transmitted data symbol
sequence. A pragmatic solution called weighted multi-slot
averaging (WMSA) channel estimation filter was proposed
in [14] for the case of time-multiplexed pilot channel struc-
ture. In WMSA channel estimation, instantaneous channel
estimate is obtained by simple averaging of pilot symbols
belonging to each slot (each slot consist of pilot symbols fol-
lowed by date symbols) and then, smoothed by a smoothing
filter over 2K slots. The WMSA channel estimation filter
yields better BER performance than a linear interpolation filter
and a simple two-slot averaging filter [10] that averages the
pilot symbols belonging to two consecutive slots. The con-
stant weights or filter coefficients are determined by a cut
and try approach so that a good performance is achieved over
a wide range of fading maximum Doppler frequency f

D 
(or

terminal traveling speed). However, since optimum filter co-
efficients exist at each value of f

D
, it is desirable to adopt

filter coefficients to changing value of fD. The other type is
the parallel pilot channel structure where known pilot sym-
bol sequences are parallel-multiplexed using orthogonal
spreading sequence structure [12]. The idea of WMSA chan-
nel estimation filter can be also applied to the parallel pilot
channel.

This paper proposes adaptive channel estimation filters
for time-multiplexed and parallel pilot structures. After de-
scribing the coherent RAKE receiver structure with the chan-
nel estimation filter in Sect. 2, Sect. 3 describes adaptive
WMSA channel estimation filter for time-multiplex pilot
channel structure. Section 4 describes adaptive channel esti-
mation filter for parallel pilot channel structure. Section 5
optimizes, by the means of computer simulation, the obser-
vation time interval pilot for channel estimation filter and
compares the achievable BER performance with that of pre-
viously proposed WMSA of both pilot channel structures.

2. Coherent RAKE Receiver Structure

2.1 Received Signal

We assume that the binary information data sequence of one
frame is first convolutional coded, bit-interleaved and then,
QPSK-modulated. In the case of the time-multiplexed pilot
channel, the QPSK symbol sequence is mapped over a se-
quence of slots, each containing N

d
 data symbols preceded

by N
p
 pilot symbols placed at the beginning of each slot (see
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Fig. 1). The resultant symbol sequence is spread over much
wider bandwidth by a spreading sequence. The slot length
T

slot
 = (N

p
+N

d
)T, where T is the QPSK symbol duration. In

the case of the parallel pilot channel, on the other hand, data
and pilot channels are spread by orthogonal spreading se-
quences.
Assuming that the multiple channel has L(≥ 1) resolvable,
frequency-nonselective path, the spread signal received over
a multipath channel can be represented as

r t r t S t s t tl l l
l

L

l

L

( ) ( ) ( ) ( – ) ( ) ,
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= = +
==
∑∑ 2
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1

0

1
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where S is the average received signal power, r(t) is the back-
ground noise (plus MAI), )(tlξ  and τ

l
 are the complex-val-

ued channel gain and time delay of the l-th path (l=0,1,...,
L–1), respectively, and s(t) is the transmitted spread signal

waveform. We assume E ξl
l

L

t( )
–

2

1

1

1
=
∑







 = , where E[.] denotes

ensemble average and E[|s(t)|2]=1. s(t) can be represented as
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In Eq. (2), g
tm

(t) and d
tm

(t) are the spreading waveform and
QPSK modulated signal waveform including the pilot data
in the case of the time-multiplexed pilot channel case, re-
spectively. g

pd
(t) and g

pp
(t) are the orthogonal spreading wave-

forms for data channel and pilot channel in the case of the
parallel pilot channel case, respectively, d

p
(t) is the QPSK

modulated data waveform, and p
p
(t) is the pilot signal wave-

form. They can be represented as
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where c
tm

(i) is the spreading sequence, c
pd

(i) and c
pp

(i) are the
orthogonal binary spreading sequences,φtm(k) and
φ πp k m m( ) ( ) / ; –∈ + ={ }2 1 4 0 3  are the QPSK modulation
phases, ζ is the power factor of the pilot channel relative to
the data channel, T

c
 is the chip duration of the spreading se-

quence, T/Tc represents the processing gain, and u(t) is the
unit function.

2.2 Coherent RAKE Combining and Channel Decoding

Figures 2 show block diagrams of the coherent RAKE re-
ceiver with channel estimation filter for the time-multiplexed
pilot channel structure (a) and parallel pilot channel struc-
ture (b). The received signal is despread by a matched filter
and resolved into the L QPSK signals that have propagated
along different frequency-nonselective paths with different
time delays. The matched filter output at the m-th symbol
position of n-th slot associated with the l-th path can be rep-
resented as

Np symbols 

pilot
Nd  symbols

data 

1 slot (Tslot = 0.625ms)

1 frame (10ms, 16 slots)

1 slot (Tslot = 0.625ms)

(a) Time-multiplex channel structure

(a) Parallel pilot channel structure

Pilot channel 
Data channel

1 frame (10ms, 16 slots)

Fig. 1 Channel structures. Fig. 2 Block diagrams of coherent RAKE receivers.
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where g(t)={g
tm

(t),g
pd

(t),g
pp

(t)}, ξ
l
(m,n)=ξ

l
(mT+nT

slot
),

φ
tm

(m,n) = φ
tm

(mT+n(N
D
+N

p
)), φ

p
(m,n) = φ

p
(mT+nN

D
), and

),( nmlρ  is the noise component (note that the noise compo-
nent is different for three cases in Eq. (6)). The channel esti-
mation filter, which is described in Sect. 3, is to estimate the
value of ξ l(m,n) using the pilot channel and its estimate is
denoted by ),(

~
nmlξ . L despread and resolved signal compo-

nents are multiplied by the complex conjugates of ),(
~

nmlξ ’s
before being combined (maximal-ratio combing (MRC)). The
RAKE combiner output at the m-th symbol position of n-th
slot is therefore, represented as

d m n r m n m nl l
l

L

( , ) ( , ) ˜ ( , ) ,*
–

=
=
∑ ξ

0

1

(7)

where * denotes the complex conjugate. Finally, the RAKE
combiner output is de-interleaved and soft-decision Viterbi
decoded to recover the transmitted data.

3. Adaptive WMSA Channel Estimation Filter for Time-
Multiplexed Pilot Channel Structure

Since the values of )(tlξ ’s remains almost constant over a
period of N

p
 pilot symbols, the simple accumulation of N

p

consecutive pilot symbols improves the signal-to-noise (in-
cluding MAI) power ratio (SNR). The estimate of instanta-
neous channel gain at the beginning of the n-th slot of the l-th
path is given by

ˆ ( ) ( , ) exp( / )ξ πl
p

l
m

N

t
N

r m n j
p

= −
=

−

∑1
4

0

1

 . (8)

In the case of very slow fading, we can extend the observa-
tion interval to several slots and coherently add several con-
secutive instantaneous channel estimates to further increase
SNR. However, in general, the propagation channel gain var-
ies slot-by-slot. Therefore, the instantaneous channel estimates

)(
~

nlξ  need to be smoothed by a smoothing filter (see Fig. 3).
Hereafter, we introduce a new parameter m′=m+N

p
 to repre-

sent the data symbol position (note that m represents data
position for parallel pilot channel structure) The smoothing
filter output is expressed as

˜ ( , ) ( ) ˆ ( ), ,ξ α ξ νν
ν

l m l l
K

K

m n n n
TM

TM

′ = +′
=− +
∑

1
, (9)

where α ′m v l, , (n) is the real-valued filter coefficient of the
(n+v)-th instantaneous channel estimate for obtaining the
channel estimate at m′-th data position of n-th slot for l-th
path and 2KTM is the observation interval represented by the
number of slots. For the original smoothing filter called
WMSA channel estimation filter [14], we used α ′m v l, , (n) =
α

v 
(n) for all m′ and l and {α

v 
(n)} were determined using a

cut and try approach by a computer simulation. Figures 3
show the block diagrams of our proposed adaptive WMSA
channel estimation filter. The bandwidth of smoothing filter
needs to be as much as narrow but sufficiently wide enough
not to distort the fading power spectrum. Since the fading
maximum Doppler frequency f

D
 changes according to the

change in the terminal travelling speed, the filter coefficient
α ′m v l, , (n) must be adaptively determined. As  f

D 
increases,

the bandwidth of smoothing filter must become wider (i.e.
the filter coefficient α ′m v l, , (n)’s must fall down more quickly
as |n| increase). Again, we follow a pragmatic approach by
exploiting the fact that as fading becomes faster, the
autocorrelation function of the fading process perturbed by
fast TPC falls off faster.

We define the filter coefficient α ′m v l, , (n) at 3 positions

Fig. 3 Adaptive channel estimator.
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m′=0, N
d
 /

 
2 and N

d
 –1, which are to be estimates by the adap-

tive algorithm in this paper, and then linear-interpolate them
to obtain α ′m v l, , (n) for all m′ in Eq. (9):
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First, how to update α N v ld / , ,2 (n) (=α ′ =m N v ld / , ,2 (n)) of Eq. (10)

is described below. Let ˆ ( )Xl n  be the vector of the estimated
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which is defined as
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Furthermore, we denote Al(Nd /2, n) as the vector of the filter
coefficients {α N v ld / , ,2 (n)}, they are defined as
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where m (0<m<1) is the update factor and

η ξl l dn n N n( ) ˆ ( ) ( / , )= ⋅ ∗X 2 (16)

is the 2KTM-element vector representing the cross-correlation
function of the instantaneous channel estimate with respect
to the filter output ξ l dN n( / , )2  which is obtained by using
A l dN n( / , – )2 1  instead of A l dN n( / , )2 , i.e.,

ξ l d l
T

d lN n N n n( / , ) ( / , ) ˆ ( )2 2 1= −A X  , (17)

where (.)T is a transpose. When the value of f
D
 increases, some

of the elements of η l(n) may have negative values and conse-
quently α N v ld / , ,2 (n) may become negative. When this hap-
pens, α N v ld / , ,2 (n) is replaced with zero in Eq. (14). Since,
the fading auto correlation function is an even function, the
filter coefficients, )(,1,2/ nlvNd −α  and )(,,2/ nlvNd

α , should be
equal in average sense and therefore, this constraint is ap-
plied to secure the convergence of the filter coefficient vec-
tor, the sum of the filter coefficients of ),2/( nNdlA is nor-
malized to unity in Eq. (15). It is obvious that the value of n-
th element, –KTM+1≤ n≤ KTM of η l(n) fall off more quickly
as |n| increase for faster fading (or larger f

D
 value). As previ-

ously mentioned, the filter coefficients must have the same
property. Therefore this fact is exploited in obtaining algo-
rithm of Eq. (15).

α 0, ,v l (n) and α N v ld – , ,1 (n) are updated by the same al-
gorithm as for α N v ld / , ,2 (n) by just replacing the symbol po-
sition m′=N

d
 /2 with m′=0 and N

d
 –1, respectively in Eqs.

(12)–(17). In the case of m′=Nd /2, a pair of instantaneous

channel estimates, ˆ ( )ξ νl n − +1  and ˆ ( )ξ νl n + should equally
contribute to the filter output because their time distances
from the time position of m′= Nd /2 are the almost same. There-
fore, 2K

TM
 instantaneous channel estimates, n=–K

TM
+1 , ,⋅ ⋅ ⋅

0,1 , ,⋅ ⋅ ⋅  K
TM 

are involved in Eqs. (14) and (15). However, in
the case of m′=0 (N

d
 –1), equally distances in time from the

time position of m′=0 (N
d
 –1) are a pair of instantaneous chan-

nel estimates, ˆ ( )ξ νl n −  and ˆ ( )ξ νl n +  ( ˆ ( )ξ νl n − + 2  and
ˆ ( )ξ νl n + ). Therefore, 2KTM –1 instantaneous channel es-

timates, n= –KTM +1 , ,⋅ ⋅ ⋅  0,1 , ,⋅ ⋅ ⋅  KTM –1 (=–KTM +2 , ,⋅ ⋅ ⋅
0,1 , ,⋅ ⋅ ⋅ KTM), are involved in Eqs. (14) and (15). This is done
by letting α 0, ,K lTM (n) = 0 for m′=0 case and α 0 1, – ,K lTM + (n)=
0 for m′=N

d
 –1 case.

4. Adaptive Channel Estimation Filter for Parallel Pi-
lot Channel Structure

In the parallel pilot channel structure shown in Fig. 3(b), we
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can also extend the observation interval to increase the SNR.
The outputs of matched filter are first coherently summed
over U pilot symbols to estimate the instantaneous channel
gain at the FICE (first instantaneous channel estimator) stage.
The n-th channel estimate is given by

    
ˆ ( , ) ( ( ) , ) exp( / )ξ ν ν πl l

i

U

m U n
U

r m i U n j+ = + + − −
=

−

∑1
1 4

0

1

,

(18)

To smooth the instantaneous channel  es t imate,
ˆ ( , )ξ νl m U n+ ’s are weighted and summed by a smoothing

filter as in the case of time-multiplexed pilot channel. The
filter output is represented as

˜ ( , ) ( ) ˆ ( , ), ,ξ α ξ νν
ν

l
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m l l
K

K

m n
K

n m U n
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PL

= +
=− +
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2 1

 , (19)

where α m v l, , (n) is the real-valued filter coefficient and 2KPL

is the observation interval (the time interval is given by 2K
PL

× U symbols). In Fig. 3(a), the shift registers of adaptive
WMSA channel estimation filter are updated slot-by-slot, i.e.,

the same measured instantaneous channel estimates ˆ ( )ξ l n ’s

are used for obtaining ˆ ( , )ξ l m n at all symbol positions within
n-th the slot. In Fig. 3(b), on the other hand, the shift regis-
ters are updated symbol-by-symbol. The optimum filter co-
efficients α

m, v, l 
(n) are updated based on the same idea used

in time-multiplexed pilot channel structure.

Let ˆ ( , )Xl m n  be the vector of the estimated instanta-
neous channel gains obtained by the 1st stage filter which is
defined as
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Furthermore, we denote A
l
(m, n) as vector of the filter coeffi-

cients {a
m,n,l

(n)} and A l m n( , ) as the averaged filter coeffi-
cient vector. They are defined as
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where

α α

α α

m v l m v l

m v l m v l

n n

n n

, , , – ,

, , , – ,

( ) ( )

( ) ( )

=

=
+

1

1
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Al(m, n) is updated at the 2nd stage adaptive filter as the same
algorithm, described by Eq.(15) as for the time-multiplexed
pilot channel structure.

5. Computer Simulations

The BER performances on the reverse link achievable with
proposed scheme using the time-multiplex and parallel pilot
channel structure were evaluated by computer simulations.
Table 1 lists the simulation parameters. SIR based fast TPC
[15], [16] is employed with 1 slot delay and 1dB step size. In
this paper, a single user is considered. Moreover, the results
obtained here can be applied multi-user case since interfer-
ence from other users can be assumed to collectively become
Gaussian noise. Convolutional coding has code generator
polynomial of 171, 133 and 165 in the octal notation with
coding rate of 1/3 and constraint length of 7 bits. Chip, sym-
bol, and frame timing synchronization are assumed to be per-
fect at the receiver.

Table 1 Simulation parameters.

Processing gain 96 (64 x 3 / 2)
Spreading code Orthogonal Gold-sequences
Modulation QPSK(data)

QPSK(spreading)
Fast TPC SIR-based closed loop
Pilot channel 10% power allocation

(time-multiplexed : Np=4, Nd=36)

Channel coding Convolutional coding

Diversity 2 branch

Interleave size 16 x 72 bits(time multiplexed)

Channel Model 2-path Rayleigh fading
Vehicular B Rayleigh fading

/soft-decision Viterbi decoding
(R=1/3,K=7)

16 x 80 bits(parallel pilot)

4finger Rake
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5.1 Convergence of Channel Estimation Filter Coefficients

Figures 4 show the convergence properties of )(,0,2/ nlNd
α

( )(,1,2/ nlNd
α ) and α N K ld TM/ , – ,2 1+ (n) (α N K ld TM/ , ,2 (n)) for the

time-multiplexed pilot channel structure (K
TM

=3) with m as a
parameter. 2-path Rayleigh fading channel was assumed. Ini-
tial filter coefficients are )(nT

lA ={0.08 0.17 0.25 0.25 0.17
0.08} which have been optimized to minimize the average
BER with a cut and try approach by a computer simulation
for the case of normalized maximum Doppler frequency f

D
T

slot

= 0.1. In slow fading (see Fig. 4(a)), the filter coefficients
converge to almost the same value when m=10-3 is used. In
the case of fast fading, on the other hand, )(,0,2/ nlNd

α  con-
verges to 0.32 and α N K ld TM/ , – ,2 1+ (n) to around 0. These are
the desired results (the value of α N K ld TM/ , – ,2 1+ (n) must be
much smaller than that of )(,0,2/ nlNd

α  for faster fading). It is
observed that the use of m=0.01 yields unstable filter coeffi-
cients and that the use of m=0.0001 gives very slow conver-
gence property. Therefore, the following simulation used m
=0.001.

5.2 Observation Interval

5.2.1 Time-Multiplexed Pilot Channel

Increasing the value of KTM improves the SNR of the channel
estimate. However, in very fast fading environments, the fil-
ter coefficients α ′ +m K lTM, – ,1 (n) (and α ′m K lTM, , (n)) may be-

come unstable. Therefore, the impact of K
TM

 on the achiev-
able BER performance is investigated. Figure 5 plots the av-
erage BER performance with K

TM
 as the parameter for 2-path

Rayleigh fading channel with f
D
T

slot
 = 0.003125 and 0.2. Fig-

ure 6 plots the impact of KTM on the average Eb/N0 per an-
tenna required for achieving average BER=10–3, where K

TM
=1

means the non-adaptive simple averaging of pilot symbols of
two consecutive slots. Also plotted in Fig. 6 are the perfor-
mances of ideal channel estimation and previously proposed
non-adaptive WMSA(KTM=2) channel estimation filter [14]
as a reference for comparison. From Figs. 5 and 6, the BER
performances are improved as KTM increases in slow fading
because the SNR of channel estimate is improved. For ex-
ample, the performances of K

TM
=4 and 5 are improved by 1

dB compared to that of KTM=1 and by 0.4 dB compared to
that of K

TM
=2. The performances of K

TM
=4 and 5 are degraded

only by 0.2 dB from the ideal estimation for the range of
f
D
T

slot
 values less than 0.05. Moreover, in the fast fading, the

performances are almost the same regardless of K
TM

. Since
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Fig. 5 Impact of KTM on average BER performance. Time-multiplexed
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the filter coefficients are not stable with K
TM
≥ 4 when the

fDTslot > 0.3, KTM=3 can be considered the best.

5.2.2 Parallel Pilot Structure

In parallel pilot channel structure, we first accumulate U pi-
lot symbols. As the value of U decreases, the tracking against
fading becomes faster, however the SNR of each instanta-
neous channel estimate becomes lower. Therefore, U is an
important design parameter. Figure 7 plots the impact of U
on the average required E

b
/N

0
 per antenna for achieving av-

erage BER=10–3, where 2KPL · U is kept constant as 240. For
the comparison, performances of ideal channel estimation and
non adaptive channel estimation filter [16] are also plotted.
The results show that the performances are almost the same
in slow fading. As f

D
T

slot
 increases, however smaller U pro-

vides a better performance.
Next, the impact of K

PL
 is investigated. Figure 8 plots

the average BER performances with K
PL

 as a parameter for
2-path Rayleigh fading channel with fDTslot = 0.003125 and
0.2. U = 20 is used. Figure 9 plots the impact of K

PL
 on the

average required E
b
/N

0
 per antenna for achieving average

BER=10-3. Also plotted are the performances of ideal chan-
nel estimation and previously proposed non adaptive chan-
nel estimation filter [16]. Since the performance with K

PL
 =4

is inferior to other KPL cases in slow fading, KPL =6 can be
considered to be optimum and was used in following simula-
tion.

5.3 Performance Comparison

So far, we assumed a 2-path Rayleigh fading channel only.
We also evaluated the performance assuming the Vehicular-
B Rayleigh fading channel model [17]. Figure 10 compares
the average BER performances achievable with adaptive and
non-adaptive channel estimation filter for the cases of fDTslot

= 0.003125 and 0.28. Figure 11 compares the average E
b
/N

0

per antenna required for achieving average BER=10–3. It is
seen from Figs. 6, 9 and 11 that, in the case of slow fading
(f

D
T

slot
 = 0.003125), compared the non-adaptive channel esti-

mation filter the proposed adaptive channel estimation filters
can reduce the required E

b
/N

0 
by about 0.2 dB for both pilot
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structures under 2-path Rayleigh fading and by 0.4 dB under
Vehicular B Rayleigh fading. The E

b
/N

0
 reduction can be sig-

nificant in the case of fast fading environments. The required
E

b
/N

0
 reduction can be as much as 2 dB when f

D
T

slot
 = 0.28. It

becomes more than 7 dB when fDTslot = 0.4 (we also com-
puter simulated to find that required E

b
/N

0
 for achieving av-

erage BER=10–3 is about 12 dB when non-adaptive channel
estimation filters are used). It should be pointed out that the
performances achievable with the proposed adaptive filters
are almost same from slow to fast fading rate for wide range
of f

D
 values.

6. Conclusion

Adaptive channel estimation filters are presented for coher-
ent DS-CDMA reverse link using time-multiplexed pilot and
parallel pilot structures. A pragmatic approach was used in
this paper to derive adaptive channel estimation filter. The
filter coefficients are updated based on the measured
autocorrelation function of the instantaneous channel esti-
mate. The achievable BER performances with fast TPC un-
der multipath Rayleigh fading environments were evaluated
by computer simulations. The proposed adaptive channel es-
timation filter can achieve 0.4 dB superior BER performance
in slow fading environment and more than 2.0 dB superior
performance in fast fading environment to previously pro-
posed non-adaptive channel estimation filters. Moreover, the
average BER performances achievable with proposed adap-
tive channel estimation filters scheme for both time-multi-
plexed and parallel pilot structures are almost same for wide
range of f

D
 values.
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